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Summary  In  this  paper,  we  present  a  software  tool  capable  of  predicting  the  ﬁnal  quality
of triple  play  services  by  using  the  most  common  assessment  metrics.  The  quality  of  speech
and video  in  network  environment  is  a  growing  concern  of  all  the  internet  service  providers  to
carry the  multimedia  trafﬁc  without  the  excessive  delays  and  losses,  which  degrade  the  quality
of multimedia  as  it  is  perceived  by  the  end  users.  Prediction  mathematical  model  is  based  on
results obtained  from  many  performed  testing  scenarios  simulating  real  behavior  in  the  net-
work. Based  on  the  proposed  model,  speech  or  video  quality  is  calculated  with  regard  to  policies
applied for  packet  processing  by  routers  and  to  the  level  of  total  network  utilization.  The  appli-
cation cannot  only  predict  QoS  parameters  but  also  generate  the  source  code  of  particular  QoS
policy setting  according  to  the  user  interaction  and  apply  the  policy  to  the  routers  in  the  net-
work. Contribution  of  the  work  consists  of  a  new  software  tool  enables  network  administrators
and designers  to  improve  and  optimize  network  trafﬁc  efﬁciently.
© 2016  Published  by  Elsevier  GmbH.  This  is  an  open  access  article  under  the  CC  BY-NC-ND  license
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IntroductionSince  last  two  decades,  the  concept  of  next  genera-
tion  network  (NGN)  has  become  a  dominant  for  network
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nfrastructure  developing.  This  concept  is  based  on  IP  pro-
ocol  and  allows  the  transfer  of  formerly  separate  services
voice,  video  and  data)  by  one  common  network  infras-
ructure.  However,  this  transition  had  to  deal  with  some
ifﬁculties  because  packet  networks  based  on  IP  protocol
ad  not  been  designed  to  transfer  delay-sensitive  traf-
c.  Packet  network  has  to  use  supplementary  mechanisms
ecuring  the  quality  of  service  during  the  transmission  over
he  network,  able  to  provide  a  high-quality  interactive  com-
unication  similar  to  standard  ﬁxed  lines  (PSTN).
 open access article under the CC BY-NC-ND license
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Congestion  management  features  allow  networkers  to
ontrol  congestion  by  determining  the  order  in  which  pack-
ts  are  sent  out  an  interface  based  on  priorities  assigned  to
hose  packets.  Congestion  management  entails  the  creation
f  queues,  assignment  of  packets  to  those  queues  based
n  the  classiﬁcation  of  the  packet,  and  scheduling  of  the
ackets  in  a  queue  for  transmission.  During  periods  with
ight  trafﬁc,  that  is,  when  no  congestion  exists,  packets  are
ent  out  the  interface  as  soon  as  they  arrive.  During  periods
f  transmit  congestion  at  the  outgoing  interface,  packets
rrive  faster  than  the  interface  can  send  them.  If  the  QoS
Quality  of  Service)  policies  are  used,  packets  accumulating
t  an  interface  are  queued  until  the  interface  is  free  to  send
hem;  they  are  then  scheduled  for  transmission  according  to
heir  assigned  priority  and  the  queueing  mechanism  conﬁg-
red  for  the  interface.  The  router  determines  the  order  of
acket  transmission  by  controlling  which  packets  are  placed
n  which  queue  and  how  queues  are  serviced  with  respect  to
ach  other.
The  next  important  factor  is  network  monitoring.  Con-
inuous  monitoring  of  network  infrastructure  is  the  possible
ay  to  increase  the  quality  of  multimedia  transmissions  for
ost  users,  because  it  allows  the  network  administrators  to
e  informed  as  soon  as  the  problem  rises  and  consequently
o  change  the  network  routing  and  queuing  policies.
Therefore,  the  purpose  of  the  application  described  in
his  paper  is  to  provide  an  effective  monitoring  tool  and
llow  fast  reaction  on  the  situation  by  changing  settings
f  QoS  policies.  The  application  aims  to  be  an  alternative
o  expensive  monitoring  tools,  as  well  as  a  helpful  tool  for
esigning  the  network  infrastructure  and  implementation  of
oS  policies  on  selected  routers.
tate of the art
eeping  the  user’s  satisfaction  with  the  highest  level  should
e  one  of  the  major  goals  of  all  internet  service  providers.
he  way  how  to  evaluate  the  ﬁnal  QoS  can  be  divided  into
wo  groups.  The  ﬁrst  group  of  tests  is  based  on  the  human
actor,  and  these  tests  are  very  subjective.  On  the  other
ide,  objective  test  metrics  use  mathematical  models  and
ffer  time  and  cost  savings.  Both  groups  include  standard-
zed  tests  and  metrics  for  quality  of  service  assessment.
bjective  tests  are  preferred  by  network  administrators
ecause  depends  on  network  parameters  like  overall  delay
r  packet  loss.  Subjective  tests  express  human  perception
nd  research  in  last  years  try  to  ﬁnd  the  relation  between
ubjective  and  objective  methods.
Works  (Han  and  Gabriel-Miro,  2015;  Khan  and  Sun,  2008;
hrina  et  al.,  2013)  are  focused  on  the  correlation  between
ubjective  and  objective  metrics.  According  to  their  results,
bjective  evaluation  metrics  for  voice  or  video  like  PESQ  and
SIM  reached  very  good  correlation  with  human  perception.
his  is  the  reason  we  used  for  our  estimation  model  these
bjective  metrics.
International  Telecommunication  Union  (ITU)  created
wo  well-known  objective  metrics  for  voice  evaluation,
amely  PESQ  and  E-model.  The  results  provided  in  (Khan  and
un,  2008)  showed  that  the  PESQ  algorithm  accommodates
he  effects  of  packet  loss  on  speech  quality  better  than  the
-model,  and  is,  therefore,  better  suited  for  the  task  making
c
r
aJ.  Frnda  et  al.
ts  estimation  a  sensible  way  for  improving  the  precision
f  the  estimation.  In  (Meky  and  Saadawi,  1997;  Mrvova
nd  Pocta,  2013;  Bhattacharya  et  al.,  2003)  the  authors
se  neural  networks  and  genetic  algorithms  to  estimate
he  quality  of  speech  and  video,  but  the  model-speciﬁc
pproach  for  the  packet  loss  determination  is  used.
For  video  objective  evaluation,  the  best  correlation  with
uman  perception  reaches  Structural  Similarity  Index  (SSIM)
Uhrina  et  al.,  2013).  In  papers  (Frnda  et  al.,  2015a;  De
ango  et  al.,  2008),  are  presented  results  that  describe
obustness  of  video  codecs  and  their  settings  on  packet  loss
mpairment  and  analyze  efﬁciency  for  video  streaming  ser-
ice.
The  main  motivation  behind  this  work  is  to  present  com-
utational  system  able  to  estimate  QoS  according  to  the
etwork  behavior  and  bring  a  comprehensive  view  of  all  net-
ork  parameters  and  codec  types  and  their  inﬂuence  on  ﬁnal
uality  of  multimedia  services.
ethodology
owadays,  practically,  computer  networks  are  not  built  only
n  a homogeneous  infrastructure,  but  they  use  heteroge-
eous  devices.  We  created  testing  topology  that  contains
everal  well-used  network  vendors.  Implementation  of  the
omputational  model  was  carried  out  in  programming  lan-
uage  C#.
easured  parameters
he  multimedia  quality  estimation  is  meant  to  be  used  with
he  basic  characteristics  of  the  IP  networks.  Factors  affect-
ng  the  multimedia  transmission  are  Delay,  Jitter  and  Packet
oss  (Han  and  Gabriel-Miro,  2015).
Objective  measurement  can  be  either  an  intrusive  or  a
on-intrusive  method.  The  intrusive  method  typically  com-
ares  two  input  signals,  a  reference  signal,  and  a  degraded
ignal  which  are  received  at  the  receiving  side  of  the  com-
unication  chain.  The  most  successful  intrusive  method  of
TU-T  is  deﬁned  in  Recommendation  P.862  (PESQ).  Compared
o  nonintrusive  methods,  most  of  the  intrusive  methods  have
ore  accuracy  but  are  inconvenient  to  use  for  real  time
onitoring.  The  non-intrusive  methods  focus  on  measuring
eal-time  voice  trafﬁc.  This  type  of  measurement  is  designed
o  predict  speech  quality  without  a  reference  signal.
The  most  popular  non-intrusive  method  of  ITU-T  is
eﬁned  in  Recommendation  G.107  E-model,  which  was
esigned  as  a  transmission  planning  tool.  The  E-model  is  a
athematical  model  that  merges  the  impairment  factors  on
he  conversational  path,  before  calculating  conversational
uality.
Recommendation  G.107  contains  default  values  which
nable  to  simplify  the  calculation  so  that  it  corresponds  with
acket  networks  as  follows:
 =  93.35  −  ID −  IE−EFF (1)
The  parameter  ID represents  the  factor  of  impairment
aused  by  the  too  long  transfer  delay  and  the  factor  IE—EFF
epresents  impairment  caused  by  low  bit-rate  codecs  and
ctual  packet  loss  ratio  of  the  network.
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Typical  score  range  of  R-factor  is  from  50  (bad)  to  100
(excellent).  By  keeping  all  the  default  values  during  the
calculation,  the  R-factor  reaches  a  ﬁnal  value  of  93.35.  In
order  to  meet  user’s  expectations,  the  value  of  70  or  more
is  needed  (ITU-T  G.107,  2010).
Except  from  the  R-factor  values,  a  rating  scheme  of  1—5
(5  is  the  best),  called  MOS  (Mean  Opinion  Score),  can  be  used
as  an  evaluation  scale.  Conversion  of  the  R-factor  values  to
MOS  scale  values  is  also  described  in  G.107  recommendation.
The  idea  of  the  PESQ  algorithm  is  to  provide  a  speech-
quality  score  based  on  the  comparison  between  the  original
speech  signal  and  the  signal  degraded  by  the  network  under
test.  PESQ  algorithm  uses  psychoacoustic  and  cognitive  mod-
els.  The  output  of  PESQ  directly  represents  an  MOS  estimate.
The  SSIM  (Structural  Similarity  Index)  index  is  a  method
for  measuring  the  similarity  between  two  images.  The  SSIM
index  is  full  reference  metric;  in  other  words,  the  mea-
suring  of  image  quality  based  on  an  initial  uncompressed
or  distortion-free  image  as  reference.  SSIM  is  designed  to
improve  the  traditional  methods  like  peak  signal-to-noise
ratio  (PSNR)  and  mean  squared  error  (MSE),  which  have
proven  to  be  inconsistent  with  the  human  eye  perception.
SSIM  considers  image  degradation  as  perceived  change  in
structural  information.  Structural  information  is  the  idea
that  the  pixels  have  strong  inter-dependencies  especially
when  they  are  spatially  close.  These  dependencies  carry
valuable  information  about  the  structure  of  the  objects  in
the  visual  scene.  This  index  includes  three  components  —  the
similarity  of  the  intensity,  the  corresponding  contrast,  and
the  corresponding  structure.  This  method  differs  by  evaluat-
ing  structural  distortion  and  not  error  rate.  The  main  reason
for  this  difference  is  characteristic  of  the  human  visual  sys-
tem.  Since  the  SSIM  method  achieves  a  good  correlation  to
t
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Figure  1  Network  topolrk  behaviour  89
he  subjective  impression,  rating  is  deﬁned  in  the  interval
0—1],  where  0  represents  the  worst  value  and  1  the  best
ne  (identity)  (Frnda  et  al.,  2015a).
Final  SSIM  value  is  a  combination  of  three  parameters,
ith  original  signal  x  and  encoded  signal  y  being  deﬁned  as
ollows  (Frnda  et  al.,  2015a):
SIM(x, y)  =  [l(x,  y)]˛[c(x,  y)]ˇ[s(x,  y)] (2)
 Element  l (x,  y)  compares  the  brightness  of  the  signal.
 Element  c  (x,  y)  compares  the  contrast  of  the  signal.
 Element  s  (x,  y)  measures  the  structure  of  correlation.
 ˛  >  0,  ˇ  >  0,    >  0 measures  the  weight  of  individual  ele-
ments.
easured  parameters
n  our  case,  network  delay  is  an  important  component  of  end
o  end  delay  in  net-work.  It  represents  queuing  (processing)
elay  on  routers,  and  it  is  directly  inﬂuenced  by  using  QoS
olicies.
As  it  can  be  seen  in  Fig.  1,  we  created  network  topology,
hich  can  be  used  to  obtain  the  appropriate  values  of  impor-
ant  parameters.  After  all  tests  have  been  done,  we  could
ompare  obtained  results  with  our  previous  work  dedicated
o  analyze  of  QoS  for  Cisco  routers  (Frnda  et  al.,  2015b).
In  order  to  simulate  voice  and  video  trafﬁc,  IxChariot  tool
rom  Ixia  company  was  used.  Simultaneously,  we  created
wo  VoIP  calls,  one  video  stream  and  the  rest  of  the  data
as  substituted  by  HTTP  and  FTP  connection.  QoS  policies
ere  implemented  on  both  routers,  and  this  topology  served
s  for  data  collection.
ogy  for  QoS  testing.
9 J.  Frnda  et  al.
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our  application  and  as  it  can  be  seen,  prediction  of  network
delay  is  similar  with  real  values.  Jitter  buffer  represents  rec-
ommended  size  of  De-jitter  buffer  on  receiving  side,  that0  
For  emulation  of  packet  loss  in  the  computer  network,
e  used  Linux  tool,  called  Network  Emulator  (NetEm).  Due
o  this  Network  Emulator,  we  could  change  values  of  packet
oss  using  individual  stepwise  test.  For  every  scenario,  we
erformed  ten  individual  tests  of  packet  loss  from  0%  to  10%
hile  each  test  was  performed  ﬁve  times.
For  audio  trafﬁc,  we  chose  the  most  used  codecs  G.711,
.711  with  PLC,  G.729,  and  AMR  12.2  kbps.  Packet  Loss  Con-
ealment  (PLC)  algorithm  is  an  appendix  to  G.711,  and  it
an  help  hide  transmission  losses  in  a  packetized  network.
MR  codec  is  a  hybrid  speech  codec  and  nowadays  is  widely
sed  in  UMTS  and  LTE  networks.  As  a  represents  of  video
odecs,  we  chose  video  codecs  used  for  TV  broadcasting,
amely  MPEG-2  and  MPEG-4  (H.264).  For  every  codec,  tests
ith  different  resolution,  bitrate  and  scenery  type  was  per-
ormed.  For  QoS  policy  settings,  we  follow  our  previous  work
Frnda  et  al.,  2015b).  For  CBWFQ  with  priority  queue  LLQ
as  used  two  scenarios.  Voice  service  got  7.5%  and  10%  of
otal  transmission  speed  video  40%  and  30%  respectively.
As  a  default  QoS  policy  on  Ethernet  interface,  Cisco
outers  use  Best  effort  policy  based  on  FIFO  (First  In  First
ut)  (Frnda  et  al.,  2015b).  It  is  a  connectionless  model  of
elivery  that  provides  no  guarantees  for  reliability,  delay
r  other  performance  characteristics.  Routers  from  Huawei
ompany  use  Custom  Queuing  (CQ)  as  a  default  QoS  policy
n  Ethernet  interface  (Frnda  et  al.,  2015b).  This  different
ttitude  causes  that  we  must  implement  the  conﬁguration
f  CQ  for  Cisco,  but  for  Huawei  it  is  sufﬁcient  to  create  a
acket  classiﬁcation  by  using  DSCP  and  this  policy  will  be  set
utomatically.  With  CQ,  a  network  administrator  can  control
he  available  bandwidth  on  an  interface  when  it  is  unable  to
ccommodate  the  aggregate  trafﬁc  enqueued.
Our  voice  part  is  built  upon  the  neural  networks  and
akes  our  measured  network  parameters  as  its  inputs.  The
utput  of  the  system  is  the  MOS  estimation,  which  is  then
ompared  to  the  output  of  the  ITU-T  P.862,  which  serves
s  the  reference  value.  After  the  many  testing  scenar-
os  have  been  performed,  the  resilient  back-propagation
Rprop)  algorithm  was  used  to  train  a  neural  network.  This
eural  network  of  the  topology  of  5-3-1  neurons  (plus  one
ias  neuron  for  each  layer)  uses  Elliot  activation  function
Elliot,  1993).  For  this  model,  the  range  of  packet  loss  ratio
as  set  to  cover  the  whole  range  of  the  MOS-LQ  (Listen-
ng  Quality)  scale.  MOS-LQ  is  the  most  commonly  used  MOS
alue  within  the  VoIP  (Voice  over  IP)  industry.  It  measures
he  quality  of  audio  for  listening  purposes  only.  MOS-LQ  does
ot  take  into  account  any  of  bidirectional  effects,  such  as
elay  and  echo.  The  results  obtained  from  testbed  allow  us
o  cover  up  E-model  too.  E-model  is  still  very  popular  met-
ics  for  QoS  calculation,  and  our  prediction  system  includes
oth  metrics  for  voice  evaluation.  It  was  made  12,200  obser-
ations  for  training  and  validation  and  3840  observations  for
esting  of  the  neural  network.  20%  of  randomly  chosen  obser-
ations  from  the  training  set  then  formed  a  validation  set,
hich  was  then  used  to  conﬁrm  the  ability  of  the  neural
etwork  to  estimate  the  speech  quality  of  the  samples,  the
eatures  of  which  resemble  those  of  the  training  samples.
he  remaining  training  set  was  then  pre-processed  in  a  way
o  that  the  groups  of  same  input  vectors  had  the  same  out-
ut.  This  step  is  necessary  because  the  neural  network  is
ot  capable  of  learning  a  multitude  of  outputs  for  the  single
nput.  The  training  and  testing  was  repeated  10  times.
s
vFigure  2  IE—EFF factor  for  voice  codecs.
esults
s  it  was  mentioned  above,  simpliﬁed  E-model  consist  of
wo  factors  inﬂuences  the  ﬁnal  score  of  R-factor.  Parameter
D can  be  expressed  as  function  between  the  absolute  delay
nd  obtained  R-factor  value  (ITU-T  G.107,  2010).  When  the
alue  of  absolute  delay  is  higher  than  the  recommended
oundary  150  ms,  voice  quality  goes  rapidly  down  (ITU-T
.107,  2010).  This  relation  is  the  same  for  all  voice  codes.
or  our  system,  we  need  to  focus  on  the  packet  loss  impact
n  voice  codec.  Fig.  2  shows  the  packet  loss  impairment
actor  IE—EFF on  selected  voice  codecs.  The  results  of  mea-
urements  showed  following  regressive  equations.  These
quations  extend  our  model  with  G.711  and  G.729  codecs
ublished  here  (Frnda  et  al.,  2015b).
For  codec  G.711  PLC
 =  a  +  (b  ∗  X),  R2 =  99.13% (3)
Y  =  IE−EFF X  =  packet  loss  (%)
a  =  0.0789377  b  =  2.38358
For  codec  AMR  12.2  kbps
 =
√
(a  +  (b  ∗  X)), R2 =  99.51%  (4)
Y  =  IE—EFF X  =  packet  loss  (%)
a  =  35.3068  b  =  225.352
The  measurements  of  QoS  Policy  effectiveness  on  Huawei
outers  show,  that  automatically  set  CQ  policy  does  not
chieve  the  same  level  of  performance  than  on  Cisco
outers.  Especially  packet  loss  rate  is  too  high  for  securing  a
ood  voice  quality.  On  the  other  side,  Huawei  reaches  bet-
er  results  for  both  CBWFQ  policy  scenarios.  Actually,  CBWFQ
s  very  preferred  QoS  policy  and  our  results  conﬁrmed  that
uawei  is  ready  to  be  a  full-ﬂedged  competitor  for  the  Cisco
nd  it  can  be  a  part  of  heterogeneous  network  cooperating
ith  Cisco  routers.  Table  1  also  shows  predicted  values  fromhould  be  at  least  1.5  bigger  than  average  measured  jitter
alue  (Frnda  et  al.,  2015b).
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Table  1  Comparison  of  results  between  Cisco,  Huawei  and  prediction  model.
Name  of  policy  Huawei  Cisco  Application
Network  delay  Jitter  Packet  loss  [%]  Network  delay  Jitter  Packet  loss  [%]  Network  delay  Jitter  buffer
CQ  14.8  2.9  6.1  9.3  5.5  0.6  10  10
CBWFQ 11.9 3.6  0.04  17.2  18  0.02  15  30
9  
e
u
t
d
0
7
•CBWFQ1 12  5  0.07  14.3
Note: Delay and Jitter values are expressed in milliseconds.
Because  Huawei  routers  need  less  buffer  size  than  routers
from  Cisco,  we  must  edit  and  calculate  the  different  size
for  Cisco  router  and  Huawei.  These  results  will  help  us  to
prepare  better  model  will  correspond  with  real  behavior  in
the  network.
As  it  is  obvious  from  Fig.  3  the  proposed  PESQ  model
achieves  high  correlation  with  Pearson’s  Correlation  Coef-
ﬁcient  around  the  0.95  and  RMSE  of  0.2  (MOS),  which
corresponds  to  an  error  of  approximately  7%  (related  to  the
middle  of  the  MOS  Scale).  Due  to  the  fact  that  packet  loss
has  a  great  impact  on  speech  quality,  the  most  of  the  obser-
vations  in  all  sets  are  below  the  tolerable  value  of  MOS  and
can  be  discarded  as  unusable.  For  the  threshold  of  2.5  (MOS;
all  observations  below  this  are  discarded),  the  3819  obser-
vations  in  training  set  ﬁt  this  condition  and  resulting  RMSE
gets  higher  to  approximately  0.  25.
M
S
Figure  3  The  correlation  diagrams  for  the  estimations  training,  v
and MOS-LQE  is  the  estimation.23.5  0.01  15  35
This  paper  follows  on  from  our  previous  work  (Frnda
t  al.,  2015a)  and  extends  the  video  prediction  model
sed  there.  All  these  mentioned  result  were  processed  into
he  following  regressive  equations.  As  for  the  equations
escribed  here,  X  represents  the  packet  loss  in  %  (range
.5—10),  and  all  coefﬁcients  are  shown  in  Tables  5,  6  and
.
 Slow-motion  videoPEG-2
SIM  =  ˛(a  +  b  ∗  (X2))  +  ˇ(a  +  b  ∗
√
X)  (5)
alidation  and  testing  sets.  MOS-LQ  is  the  reference  from  PESQ
92  J.  Frnda  et  al.
Table  2  Coefﬁcients  for  static  video.
Coef.  MPEG-2  MPEG-4  (H.264)
720  ×  576  1280  ×  720  1920  ×  1080  720  ×  576  1280  ×  720  1920  ×  1080
a  0.89957  1.08748  0.9216  0.146704  1.35699  1.14089
b −0.00492  −0.14397  −0.00389  0.528499  0.010868  0.0464
 ˛ 1  0  1  1  0  0
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PEG-4(H.264)
SIM  =  ˛
(√
a  + b
X
))
+  ˇ
(
1
a  +  (b  ∗  X2)
)
(6)
All  the  necessary  coefﬁcients  are  presented  in  Table  2.
Because  measurements  were  performed  on  two  dynamic
ideos,  the  following  regressive  equations  represent  the  pre-
iction  model  for  both  of  them.
 Dynamic  video  with  ordinary  and  high  bitrate.
PEG-2
SIM  =  ˛
(
1
a  +  b  ∗  X
)
+  ˇ(a  +  b  ∗  ln(X)) (7)
PEG-4(H.264)
SIM  =  ˛(a  +  b  ∗  ln(X))  +  ˇ
(
1
a  +  b  ∗  X
)
(8)Tables  3  and  4  contain  the  coefﬁcients  for  these  two
quations.  All  regressive  models  described  here  have  gained
n  R-squared  factor  (R2)  higher  than  92%,  which  represents
 high  level  of  veracity.
p
H
t
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Table  3  Coefﬁcients  for  MPEG-2  dynamic  videos.
Coef.  Lower  bitrate  dynamic  video  
720  ×  576  1280  ×  720  1920  ×  1080
a  0.858125  0.875076  0.91261  
b −0.076882  −0.080159  −0.07899  
 ˛ 0  0  0  
 ˇ 1  1  1  
Table  4  Coefﬁcients  for  MEPG-4(H.264)  dynamic  videos.
Coef.  Lower  bitrate  dynamic  video  
720  ×  576  1280  ×  720  1920  ×  1080
a  0.783421  1.12248  0.803621  
b −0.073105  0.086301  −0.094225  
 ˛ 1  0  1  
 ˇ 0  1  0  0  1  1
onﬁguration of network components from
mplemented software
or  the  purpose  of  the  conﬁguration  of  network  devices  from
eveloped  application,  it  was  necessary  to  decide  whether
he  application  should  use  conventional  methods  for  its  con-
guration  or  to  use  modern  NETCONF  protocol.
sage  of  NETCONF  protocol
n  December  2006  was  developed  network  management
rotocol  NETCONF,  which  became  standardized  by  IETF.  Fur-
hermore,  this  protocol  was  revised  in  2011  and  extended  by
ewly  deﬁned  capabilities  several  times.  The  protocol  itself
eﬁnes  a  simple  mechanism  through  which  we  are  man-
ging  a  network  component.  It  offers  possibilities  for  the
onﬁguration  manipulation  and  retrieval.  The  key  nature
f  this  protocol  overcomes  the  disadvantages  of  manual
onﬁguration  —  uniﬁed  conﬁguration  operations  deﬁned  by
ETCONF  RPC.  Several  network  vendors  incorporated  this
rotocol  into  their  network  components,  such  as  Cisco,
uawei  or  Juniper,  as  an  alternative  to  a  classic  conﬁgura-
ion  technique  (using  CLI  from  a  console  or  via  any  transport
rotocol).
High  bitrate  dynamic  video
 720  ×  576  1280  ×  720  1920  ×  1080
0.9538  0.924954  0.819482
0.094724  −0.179784  −0.1216
1  0  0
0  1  1
High  bitrate  dynamic  video
 720  ×  576  1280  ×  720  1920  ×  1080
1.43905  1.8151  0.5818
0.18925  0.122547  −0.0833
0  0  1
1  1  0
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tion  of  total  delay,  Jitter  buffer,  selected  packet  loss  and
network  utilization.Figure  4  Communication  framework  of  application.
NETCONF  uses  four-layer  architecture  to  separate  con-
ﬁguration  data  and  methods  manipulating  with  them.  There
are  speciﬁcations  with  deﬁned  requirements  for  each  layer.
As  for  the  transport  protocol,  the  Secure  Shell  is  speciﬁed
as  mandatory.  However,  there  are  also  another  supported
protocols.  Operations  layer  represents  XML  encoded  RPC
messages  that  manipulate  data  in  the  datastore  of  the  tar-
geted  device.
The  NETCONF  protocol  is  a  key  component  for  the  sys-
tems  of  automated  conﬁguration.  Especially  usage  of  the
NETCONF  came  up  in  mind  during  the  development  of  the
application  that  sets  several  parameters  in  a  conﬁguration
for  such  devices.
•
Figure  5  Graphic  desrk  behaviour  93
sage  of  CLI
mong  traditional  methods,  how  to  conﬁgure  any  device  is
o  use  CLI  (Command  Line  Interface).  To  conﬁgure  those
evices  we  usually  use  a  sequence  of  CLI  commands.  Those
re  directly  written  from  the  console  or  are  sent  through  any
ransport  protocol  (for  this  purpose  TELNET,  or  Secure  Shell
s  mostly  used).  The  mentioned  method  lacks  easy  adapt-
bility,  and  it  is  not  intended  to  be  used  for  the  automation
onﬁguration  or  a  conﬁguration  of  a  large  number  of  devices
t  one  time.  However,  except  for  the  mentioned  disadvan-
ages,  there  are  no  more  signiﬁcant  disadvantages.
urrent  implementation
he  main  idea  of  the  conﬁguration  and  communication
ramework  in  the  implemented  application  is  to  separate
ts  logic  from  the  conﬁguration  content.
The  application  provides  an  implementation  of  simple
emplate  engine  for  which  the  templates  and  the  values  are
rovided.
As  it  can  be  seen  on  Fig.  4  architecture  is  divided  into
wo  separate  parts  —  template  and  communication  part.
he  template  part  accepts  data  streams  in  a form  of  tem-
late  ﬁle  and  values  ﬁle.  When  the  data  streams  are  passed
hrough  the  template  engine,  the  conﬁguration  is  generated
nd  given  to  communication  framework.  The  communication
ramework  does  all  the  logic  in  the  SSH  session  or  NETCONF
ession,  transmits  all  the  conﬁguration  data  and  closes  the
ession.  The  desing  of  user  interface  is  depicted  in  Fig.  5.
Application  provides  these  functions:
 Calculation  of  MOS  (R-Factor  and  PESQ),  based  on  predic- Calculation  of  SSIM  for  video  with  regard  to  selected
packet  loss  in  the  network
ign  of  application.
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pp. 263—273.
Uhrina, M., Hlubik, J., Vaculik, M., 2013. Correlation between
objective and subjective methods used for video quality eval-4  
 Creation  of  conﬁguration  ﬁle  with  selected  parameters
of  QoS  policy  and  apply  then  on  the  router  via  SSH  and
NETCONF.
Following  parameters  are  possible  to  set  for  the  purposes
f  application  settings  the  speciﬁcation:
 Bandwidth  uplink  and  downlink  at  end-user.
 Number  of  routers,  their  conﬁgured  policies  and  utiliza-
tion.
 Distance  between  communicating  points.
 Type  of  video  sequence  and  its  resolution.
onclusion
he  main  goal  of  this  paper  was  to  present  our  SW  tool  that
erved  as  a  simulation  model  for  computing  an  objective  QoS
arameters  of  Triple  play  services  in  IP  network.
It  was  created  many  testing  scenarios  that  help  us  to
xtend  previous  works  focused  multimedia  quality  estima-
ion.  For  speech  quality,  we  not  only  used  E-Model  but  also
roposed  estimation  using  the  neural  network  model.  The
peech  quality  estimation  can  be  done  with  RMSE  around  the
.25  MOS,  which  equals  to  approximately  8%  error,  which  is
he  level  achieved  in  similar  solutions.
The  performance  analysis  of  video  codecs  brought  regres-
ive  mathematical  models  with  obtained  value  of  R-squared
actor  higher  than  92%.
The  second  part  of  this  work  describes  communication
ramework  of  proposed  system.  According  to  the  user  inter-
ction,  our  system  can  generate  conﬁguration  ﬁle  includes
outer  QoS  settings  for  Huawei  and  Cisco.  Because  the  logic
art  is  independent  of  conﬁguration  content,  in  future  will
e  easy  to  extend  our  system  and  add  new  vendors.
The  proposed  system  described  here  implemented  in  SW
ool  enables  networkers  to  predict  objective  QoS  param-
ters  of  triple  play  services  and  to  help  them  in  network
esign  and  QoS  conﬁguration.
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